An acoustic contrast control method for generating sound field in an arc-shaped area using a linear loudspeaker array was recently developed, where the boundary of the arc-shaped area was treated as the envelope of the tangent lines that can be formed by manipulating the phase profile of the loudspeaker array. This paper investigates the mechanism, robustness and the time domain performance of the method for reproducing speech signals. First, the mechanism of the method is thoroughly studied and it is found that the method is based on the stationary phase method which usually works well in high frequency region. Second, the robustness of the method to loudspeaker responses and loudspeaker positions is examined. The effects of these factors on the acoustic contrast and acoustic uniformity are demonstrated. Third, the time domain performance of the method is investigated and compared with the traditional acoustic contrast control method. PESQ (Perceptual Evaluation of Speech Quality) criterion is utilized to evaluate the sound quality at different receiving points inside the bright zone based on numerical experiments. Being compared with the traditional acoustic contrast control method, the method proposed in this paper has better time domain performance and is more robust to loudspeaker uncertainties. The proposed method provides a promising technique for sound reproduction in an arc-shaped area.
Introduction
There has been considerable research interest in acoustic contrast control (ACC) since Choi and Kim proposed the idea of generating a bright zone with high acoustic energy and a dark zone with low acoustic energy 1, 2 . Many optimization strategies have been developed to generate acoustic contrast between zones. Choi and Kim utilized two cost functions to generate the acoustically bright zone. The first was for maximizing the brightness with a given input power and the second was for maximizing the energy ratio of the bright zone to the total zone of interest 1 . ACC can be applied to personal computers 3 , aircraft seats 4 and hand held devices 5 . Shin et al. proposed to maximize the acoustic energy difference between two spaces instead of acoustic energy ratio to avoid the matrix inversion problem, and it was shown that this approach can improve radiation efficiency and achieve even distribution of source strengths 6 . Coleman et al. proposed a method called planarity control to generate acoustic contrast between two spaces while manipulating the direction of the sound field in the bright zone 7 . Although the preceding methods can achieve excellent acoustic contrast, the pressure matching performance of the zone of reproduction is not optimized. To overcome the problem, Chang and Jacobsen proposed a weighted cost function to achieve trade-off between the pressure matching error and acoustic contrast, and the performance was validated with an experiment using a doublelayer circular array 8, 9 . Cai et al. utilized convex optimization to minimize the sound field reproduction error while maintaining a predefined level of acoustic contrast 10 . Shin et al. proposed a method of inserting a low priority zone named as the "gray" zone, which can produce a directional bright zone while maintaining the accuracy of sound reproduction 11 . Bai et al. investigated the performance of an equivalent source method based sound field synthesis approach, which minimizes the acoustic energy in the dark zone with certain pressure and velocity constraints 12 . A practical problem encountered by the above methods is the robustness of the system. To develop a robust personal audio system, two kinds of uncertainties must be dealt carefully. The first is the uncertainty caused by the acoustic environment. Elliot et al. pointed out that the influence of room reflections in a diffuse field in high frequency range is equivalent to regularization to some extent 13 . Coleman et al. compared the robustness of three different methods to the variation of sound speed 14 . Park et al. analysed the sensitivity of acoustic brightness/contrast to the transfer function errors and built a mathematical model to describe the degradation 15 . The second is the uncertainty induced by the variations in the loudspeaker responses and loudspeaker positions. It has been found that the sensitivity to the inconsistency of loudspeaker responses is difficult to calculate analytically, but numerical results showed that regularization can significantly reduce this kind of sensitivity 13 . Park et al. investigated the acoustic contrast sensitivity with respect to loudspeaker mismatch and position mismatch 16 . They concluded that the loudspeaker that contributes more to the total pressure field has greater contrast sensitivity while the contrast sensitivity for loudspeaker's position mismatch depends on the inner product between the total pressure field and velocity field 16 . Most of the above methods were designed in frequency domain and the impulse response of the filter was obtained by an inverse Fourier transform of the frequency response at a complete set of discrete control frequency 3 . Recently, Elliot and Cheer designed the acoustic contrast control system directly in time domain and formulated a time domain digital filtering problem 17 . Cai et al. implemented the design and investigated the performance of the formulation 18 . To achieve a flat frequency response in the bright zone for broadband input signals, Cai et al. developed two novel approaches with a constraint on the frequency response consistency 18, 19 . The aforementioned methods are based on optimization scheme and may suffer from illconditioning problem in the matrix inversion, especially when the control zones are large or when there are many sampling points in control zones. Recently, we proposed a so-called tangent line method (TLM) for generating acoustic contrast in an arc-shaped area using a linear loudspeaker array, where the boundary of the arc-shaped area was treated as the envelope of the tangent lines that can be formed by manipulating the phase profile of the loudspeakers in the array 20, 21 . Although it was demonstrated that the TLM method can achieve a trade-off between the acoustic contrast and the acoustic uniformity inside the arc-shaped area compared with the ACC method, the mechanism and performance limit remain unclear. On the other hand, the robustness and time domain perfor-
Mechanism
Figure 1 (a) shows a diagram representing the generation of an arc-shaped sound field with N loudspeakers, where the n th loudspeaker is located at r n (n = 1, 2, … , N) with a source strength of q n . The bright zone V b is the zone of interest and the goal is to generate a sound field in region V b without disturbing the other side V d . The loudspeakers are modelled as point sound sources here, so the sound pressure at r can be expressed as 1 :
T is the source strength, G = [g(r|r 1 ), g(r|r 2 ), … , g(r|r N )] is the transfer matrix and the Green function g(r|r n ) in the free field is given by 1 :
where j is the imaginary unit,  is the angular frequency,  0 is the air density, k is the wave number and || || denotes the Euclidean distance. The coordinate system for describing the zone of interest is illustrated in Fig. 1 (b) , where the curving boundary of the arc-shaped zone is assumed for simplicity to be a half-circle. The bottom and top lines are y = 0 and y = 2a respectively, and the left and right curves are part of circles with radiuses a and 1.2a respectively, both centred at (0, a). The half circle can be described as
1/2 as shown in Fig. 1 (c) . The curving boundary can be treated as the envelope of the curve's tangent lines, which are produced by manipulating the spatial phase profile on the boundary y = 0 where the sound sources are placed. It has been pointed out the principle behind the TLM method is the so-called stationary method, but no quantitative discussions were available 20 . As demonstrated in the previous paper by the authors, to generate an arc-shaped sound field, the spatial phase profile on the boundary along the x direction can be derived as 20 :
where k is the wave number and a is the radius of the predetermined half-circle. Therefore, the source strength of the loudspeakers with unit amplitudes distributed along the continuous boundary can be derived as: It is evident that the amplitude function A(x) varies slowly with the variable x and the real part of the function e j(x) varying with x at different frequencies is illustrated in Fig. 2 . It can be seen that at higher frequencies (e.g., f = 3400 Hz or 10000 Hz), the function fluctuates so rapidly that positive part and negative part cancel each other, except the stationary point denoted by the arrow. At lower frequencies (e.g., f = 300 Hz), the function varies slowly so the stationary phase method does not fit. Therefore, the mechanism of the TLM method is exactly the stationary phase method which usually works well at higher frequencies 22 .
Robustness
A concern of the practical personal audio system is the robustness to variations in the acoustic environment, loudspeaker response consistency and driver positions. The robustness of the acoustic contrast control system has been widely studied [13] [14] [15] [16] . This paper investigates and compares the robustness of the tangent line method to variations in the loudspeaker responses and loudspeaker posi- tions, which are often encountered in the implementation of loudspeaker array systems. In the comparison, the acoustic contrast control method maximizes the acoustic energy difference with a tuning factor of 10 6 . In the simulations, the array length was set to 5 m, where 101 loudspeakers were utilized, with a spacing of 0.05 m. The definitions of Acoustic Contrast (AC) and Acoustic Uniformity (AU) inside the bright zone are the same as shown in reference 20 . It has been elucidated that the sensitivity to loudspeaker response variations is difficult to calculate analytically 13 , therefore it is demonstrated here by using the numerical method. In the simulations, the amplitude response of the loudspeakers is deviated randomly between ±3 dB from the optimal values, and the phase response is deviated randomly between ±/6 from the optimal values. The simulation results are shown in Fig. 3 (a) , where the legends ACC-Responses and TLMResponses stand for the results of the ACC and TLM method with the presence of variations in the loudspeaker responses, respectively. It can be seen that the acoustic contrast generated by the ACC method is sensitive to the variations in the loudspeaker responses, while the TLM method is rather robust. The degradation in acoustic contrast for the ACC method increases slowly with frequency, reaching about 5 dB at 3000 Hz. Figure 3 (b) demonstrates that both the two methods are robust to the variations in the loudspeaker responses regarding the acoustic uniformity inside the bright zone. In the simulations of the robustness to the variations in the loudspeaker positions, the position variations are a uniformly distributed random spacing between ±0.02 m from the predesigned positions, in the direction parallel with the array. The simulation results are presented in Fig. 3 (c) , where the ACC-Positions and TLM-Positions stand for the ACC and TLM method with variations in the loudspeaker positions, respectively. It can be observed that the degradation of the acoustic contrast generated by the ACC method increases with frequency while the acoustic uniformity inside bright zone remains stable with the variations in loudspeaker positions. On the other hand, both the acoustic contrast and acoustic uniformity produced by the TLM method degrade slightly in the high frequency range due to the uncertainties in the loudspeaker positions. The maximum degradations in acoustic contrast and acoustic uniformity are about 3 dB and 1.5 dB, respectively.
In summary, when compared with the traditional ACC method, the recently developed TLM method is much more robust to the uncertainties induced by the variations in the loudspeaker responses and loudspeaker positions. 
Time domain performance
Time domain performance is critical for personal audio system as it relates to the sound quality reproduced. The time domain performance of the TLM method is studied in this paper and compared with the ACC method from 300 Hz to 3400 Hz, which is the frequency range of human speech signal. In the simulations, the sampling rate was 8000 Hz, and the length of the impulse response from each loudspeaker to the receiving points was set to 200. The signal reproduced through each loudspeaker was filtered with a finite impulse response (FIR) filter of length 200. For the ACC method, the impulse response of the time domain filter for each loudspeaker was obtained by an inverse Fourier transformation of the frequency response which was computed at a complete set of discrete control frequencies with an interval of 40 Hz. To demonstrate the performance of the ACC method at non-control frequencies, the investigated frequency interval was set to 10 Hz in the following results. The simulated acoustic contrast varying with frequency is demonstrated in Fig. 4 (a) . It can be seen that the acoustic contrast of the ACC method is high at the control frequencies but low at the non-control frequencies, which is consistent with the results of Cai et al. 19 . It can also be observed that the acoustic contrast of the TLM method appears to be somewhat quasi-periodic. This phenomenon may be caused by the complicated interference pattern depending on the wave length, which is demonstrated in reference 23. To evaluate the sound quality inside the bright zone, the frequency responses at three points, as shown in Fig. 1 (b) , are demonstrated in Fig. 4 (b)-(d) . It is evident that the frequency responses of the TLM method are much flatter than those of the ACC method, which means that the TLM method can achieve much better sound quality. Sound quality was also illustrated by the perceptual evaluation of speech quality (PESQ) values 24 , derived from the numerical experiments. The original source signals used is a standard Chinese sentence read by a male broadcaster. Table 1 shows the PESQ values achieved by the signals received at the three different points. It is obvious that the TLM method can produce much higher grade sound inside the bright zone, compared with the ACC method.
Conclusions
A recently developed acoustic contrast control method for generating sound field in an arcshaped area using linear loudspeaker array, was studied thoroughly in this paper regarding the mechanism, the robustness and the time domain performance. It was found that the principle behind the TLM method is the stationary phase method, which works well in higher frequencies (e.g., f = 3400 Hz) but degrades at lower frequencies (e.g., f = 300 Hz). The TLM method is much more robust than the traditional ACC method, with the presence of the variations in the loudspeaker responses and loudspeaker positions. The TLM method is also better than the ACC method in terms of the time domain performance, because the frequency responses in the bright zone are much flatter than those of the ACC method, and the PESQ values are much higher than those achieved by the ACC method. Future work includes experimental validation of the simulation results.
